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(57) ABSTRACT 

A method and apparatus for DTMF detection and voice 
mixing in the code-excited linear prediction (CELP) param 
eter space, without fully decoding and reconstructing the 
speech signal. The apparatus includes a Dual Tone Multi 
plexed Frequency (DTMF) signal detection module and a 
multi-input mixing module. The DTMF signal detection 
module detects DTMF signals by computing characteristic 
features from the input CELP parameters and comparing 
them with known features of DTMF signals. The multi-input 
mixing module mixes multiple sets of input CELP param 
eters, that represent multiple voice signals, into a single set 
of CELP parameters. The mixing computation is performed 
by analyzing each set of input CELP parameters, determin 
ing the order of importance of the input sets, selecting a 
strategy for mixing the CELP parameters, and outputting the 
mixed CELP parameters. The method includes inputting one 
or more sets of CELP parameters and external commands, 
detecting DTMF tones, mixing multiple sets of CELP 
parameters and outputting the DTMF signal, if detected, and 
the mixed CELP parameters. 
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METHOD AND APPARATUS FOR DTMF 
DETECTION AND VOICE MIXING IN THE CELP 

PARAMETER DOMAIN 

CROSS-REFERENCES TO RELATED 
APPLICATIONS 

[0001] This patent application claims priority to US. 
Provisional Patent Application Ser. No. 60/421,342 (Attor 
ney Docket Number 021318-001200US) titled “Method for 
In-Band DTMF Detection & Generation In Voice 
Transcoder,” ?led Oct. 25, 2002 and US. Provisional Patent 
Application Ser. No. 60/421,271 (Attorney Docket Number 
021318-001400US) titled “Method for Multiple Input 
Source Voice Transcoding,” ?led Oct. 25, 2002, Which are 
both incorporated by reference for all purposes. 

BACKGROUND OF INVENTION 

[0002] The present invention relates generally to process 
ing telecommunication signals. More particularly, the inven 
tion provides a method and apparatus for performing DTMF 
(i.e., Dual-Tone Multi-Frequency) detection and voice mix 
ing in the CELP (i.e., Code Excited Linear Prediction) 
domain. Speci?cally, it relates to a method and apparatus for 
detecting the presence of DTMF tones in a compressed 
signal from the CELP parameters, and also for mixing 
multiple input compressed voice signals, represented by 
multiple sets of CELP parameters, into a single set of CELP 
parameters. Merely by Way of example, the invention has 
been applied to voice transcoding, but it Would be recog 
niZed that the invention may has a much broader range of 
applicability. 
[0003] Telecommunications techniques have developed 
over the years. Recently, there have been a variety of digital 
voice coders developed to meet certain bandWidth demands 
of different packet-netWorks and mobile communication 
systems. Digital voice coders provide compression of a 
digitiZed voice signal as Well as reverse transformation 
functions. Rapid groWth in diversity of netWorks and Wire 
less communication systems generally requires that speech 
signals be converted betWeen different compression formats. 
A conventional method for such conversion is to place tWo 
voice coders in tandem to serve a single connection. In such 
a case, the ?rst compressed speech signal is decoded to a 
digitiZed signal through the ?rst voice decoder, and the 
resulting digitiZed signal is re-encoded to a second com 
pressed speech signal through the second voice encoder. 
TWo voice coders in tandem are commonly referred to as a 
“tandem coding” approach. The tandem coding approach is 
to fully decode the compressed signal back to a digitiZed 
signal, such as Pulse Code Modulation (PCM) representa 
tion, and then re-encode the signal. This often requires a 
large amount of processing and incurs increased delays. 
More e?icient approaches include technologies called smart 
transcoding, among others. 

[0004] In addition to the requirements of voice transcod 
ing among current diverse netWorks and Wireless commu 
nication systems, it is also required to provide functionality 
for advanced feature processing. A speci?c example of can 
advanced feature is Dual Tone Multiplexed Frequency 
(DTMF) signal detection. DTMF signaling is Widely used in 
telephone dialing, voice mail, electronic banking systems, 
even With Internet Protocol (IP) phones to key in an IP 
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address. In telecommunications speech codecs, the in-band 
DTMF signals are encoded to a compressed bitstream. 
Conventional DTMF signal detection is performed in the 
speech signal space. As merely an example, the Goer‘tZel 
algorithm With a tWo-pole In?nite Impulse Response (IIR) 
type ?lter is Widely used to extract the necessary spectral 
information from an input digitiZed signal and to form the 
basis of DTMF detection. 

[0005] When DTMF signal detection is required in voice 
transcoding, a tandem approach is commonly used. In this 
case, the input compressed speech signal has to be decoded 
back to the speech domain for DTMF signal detection, and 
then re-encoded to a compressed format. Since the process 
ing in smart voice transcoding is performed in the CELP 
parameter space, knoWn DTMF detection methods are often 
not suitable. Furthermore, knoWn smart voice transcoding 
methods do not include DTMF signal detection functionality 
and are therefore limited. 

[0006] Another speci?c example of an advanced feature 
for voice transcoding is the ability to handle multiple input 
signals. If the input signals are multiple speech signals; the 
voice mixer simply mixes the speech signals and outputs the 
mixed speech signal. HoWever, in a packet netWork or a 
Wireless communication system, the input signals are mul 
tiple compressed signals. Furthermore, With the current 
diversity of packet netWorks and Wireless communication 
systems, the input signals may be in various compression 
formats. The conventional voice mixing solution performs 
mixing of the input packets by decoding the input packets 
into speech signals, mixing the speech signals, and re 
encoding the mixed speech signals into output packets. This 
requires signi?cant computational complexity to decode and 
re-encode each input compressed signal. 

[0007] In an attempt to improve the voice quality pro 
duced by voice mixing for packet netWorks, certain “smart” 
conference bridging methods have been proposed. Although 
such method can provide side information and can improve 
the quality of mixed voice signals, it still uses a tandem 
approach that involves decoding, mixing in the speech space 
and re-encoding. This approach is often not suitable for a 
voice transcoder that operates in the CELP parameter space 
Without going to the speech space. 

[0008] From the above, it is seen that techniques for 
improved processing of telecommunication signals are 
highly desired. 

BRIEF SUMMARY OF THE INVENTION 

[0009] According to the present invention, techniques for 
processing telecommunication signals are provided. More 
particularly, the invention provides a method and apparatus 
for performing DTMF detection and voice mixing in the 
CELP domain. More speci?cally, it relates to a method and 
apparatus for detecting the presence of DTMF tones in a 
compressed signal from the CELP parameters, and also for 
mixing multiple input compressed voice signals, represented 
by multiple sets of CELP parameters, into a single set of 
CELP parameters. Merely by Way of example, the invention 
has been applied to voice transcoding, but it Would be 
recogniZed that the invention has a much broader range of 
applicability. 

[0010] In a speci?c embodiment, the present invention 
provides a method and apparatus for advanced feature 
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processing in voice transcoders using CELP parameters. The 
apparatus receives as input one or more sets of CELP 
parameters, that may have been interpolated, if required, to 
match the frame siZe, subframe siZe or other characteristic, 
and external commands. The apparatus comprises a DTMF 
signal detection module that detects DTMF signals from 
input CELP parameters, and a multi-input mixing module 
that mixes CELP parameters from multiple CELP codecs 
into a single set of CELP parameters. In a speci?c embodi 
ment, the multi-input mixing module has a dynamic topol 
ogy and is capable of con?guring different topologies 
according to the number of input compressed signals. The 
apparatus outputs the DTMF signal, if detected, and the 
mixed CELP parameters. 

[0011] The DTMF signal detection module includes a 
DTMF feature computation unit to compute the DTMF 
features, DTMF feature pattern tables With stored feature 
data corresponding to DTMF signals, a DTMF feature 
comparison unit to compare the computed features With the 
stored pattern tables, a DTMF feature buffer to store past 
feature data, and a DTMF decision unit to determine the 
DTMF signals. 

[0012] The multi-input mixing module includes a feature 
detection unit to detect a plurality of speech features from 
each set of CELP parameters, a sorting unit to rank the 
importance of each set of CELP parameters, a mixing 
decision unit to determine the mixing strategy, and a mixing 
computation unit to perform the mixing of multiple sets of 
CELP parameters. 

[0013] The invention provides a method for advanced 
feature processing in the CELP parameter space. The 
method includes receiving one or more sets of CELP param 
eters that may have been interpolated to match the frame 
siZe, subframe siZe or other characteristic and external 
commands; detecting DTMF tones, mixing multiple sets of 
CELP parameters, and outputting the detected DTMF signal 
and mixed CELP parameters. 

[0014] According to an alternative speci?c embodiment, 
the present invention provides a method for detecting DTMF 
signals in the CELP parameter space The method includes 
computing features for DTMF detection from CELP param 
eters; comparing features With pre-computed DTMF feature 
data; checking the states of DTMF detection and features in 
previous subframes; determining the DTMF signals accord 
ing to the DTMF signal speci?cations; updating the states 
and feature parameters of previous subframes; and output 
ting the detected DTMF digit. 

[0015] In yet an alternative speci?c embodiment, the 
invention provides a method for mixing multiple sets of 
input CELP parameters. The method includes receiving 
multiple sets of CELP parameters; mixing sets of CELP 
parameters according to a chosen mixing strategy; and 
outputting the mixed CELP parameters. The method of 
mixing multiple sets of input CELP parameters into a single 
set of mixed CELP parameters further comprises computing 
signal feature parameters required for determining impor 
tance of each input; arranging the order of importance of the 
multiple sets of input CELP parameters according to the 
feature parameter computation results; considering priorities 
from external control commands; selecting the inputs that 
are mixed; and computing the mixed CELP parameters from 
selected inputs. 
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[0016] In an alternative speci?c embodiment, the inven 
tion provides an apparatus for feature processing of tele 
communications signals. The apparatus is adapted to operate 
in a CELP domain Without decoding to a speech signal 
domain. The apparatus has a dual-tone modulation fre 
quency (DTMF) signal detection module. The dual-tone 
modulation frequency (DTMF) signal detection module is 
adapted to determine one or more DTMF tones based upon 
at least one or more input CELP parameters, and the DTMF 
signal detection module is also adapted to output the one or 
more DTMF signals if determined. 

[0017] In yet an alternative embodiment, the invention 
provides an apparatus for feature processing of telecommu 
nications signals. The apparatus is adapted to operate in a 
CELP domain Without decoding to a speech signal domain. 
The apparatus has a multi-input mixing module coupled to 
the DTMF signal detection module. The multi-input mixing 
module is adapted to process CELP parameters from more 
than one CELP-based codecs, representing respective more 
than one voice signals, into a single set of CELP parameters. 

[0018] Numerous bene?ts exist With the present invention 
over conventional techniques. In a speci?c embodiment, the 
invention provides an easy Way of detecting DTMF signals 
Without converting CELP information back into the speech 
domain. Additionally, the invention can be provided using 
conventional hardWare and softWare. In certain embodi 
ments, the invention also provides for additional advanced 
modules that can be coupled to a transcoding technology. 
Depending upon the embodiment, one or more of these 
bene?ts or features can be achieved. These and other ben 
e?ts are described throughout the present speci?cation and 
more particularly beloW. 

[0019] The accompanying draWings, Which are incorpo 
rated in and form part of the speci?cation, illustrate embodi 
ments of the invention and, together With the description, 
serves to explain the principles of the invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0020] The objects, features, and advantages of the present 
invention, Which are believed to be novel, are set forth With 
particularity in the appended claims. The present invention, 
both as to its organiZation and manner of operation, together 
With further objects and advantages, may best be understood 
by reference to the folloWing description, taken in connec 
tion With the accompanying draWings. 

[0021] FIG. 1 is a simpli?ed block diagram representation 
of an apparatus for DTMF detection and multi-input mixing 
in the CELP parameter domain according to an embodiment 
of the present invention. 

[0022] FIG. 2 illustrates DTMF signal frequency catego 
riZation according to an embodiment of the present inven 
tion. 

[0023] FIG. 3 is a simpli?ed block diagram representation 
of an apparatus for DTMF signal detection according to an 
embodiment of the present invention. 

[0024] FIG. 4 is a simpli?ed ?owchart of a method for 
DTMF signal detection using CELP parameters according to 
an embodiment of the present invention. 

[0025] FIG. 5 is a simpli?ed block diagram representation 
of DTMF detection and Multi-input mixing Within a smart 
voice transcoder according to an embodiment of the present 
invention. 














